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Description 

The present invention generally relates to audio ap- 
paratus and, more particularly, is directed to a surround 
sound audio apparatus. s 

A surround decoder of Dolby pro-logic (registered 
trademark) system has been known as a surround 
sound audio apparatus. 

The surround decoder is harware that may reduce 
a sound field as the software creator desires with re- 
spect to sound of movies, etc. . With the surround de- 
coder, an audio signal transmitted in the form of two 
channels is decoded to an audio signal of 4 channels 
while improving a crosstalk characteristic of the audio 
signal. Further, as an additional function, the surround 
decoder can create or correct the sound field so that lis- 
teners can listen to sound as if they were, for example, 
in the large concert hall. 

An example of a conventional surround decoder will 
be described with reference to a schematic block dia- 
gram forming FIG. 1. 

As shown in FIG. 1 , there are provided a plurality of 
analog input terminals 1 Ato 1 N, a plurality of digital input 
terminals 2A to 2M and input selector switches 1 3 to 1 5 
which are operated in a ganged relation to each other. 
A digital-to-analog (D/A) converter 16 is interposed be- 
tween the input selector switches 15 and 14. 

Analog stereo audio signals L, R encoded for sur- 
round reproduction or ordinary analog stereo audio sig- 
nals L, R are respectively supplied to the input terminals 
1 A to 1 N and these stereo audio signals L, R are select- 
ed by the selector switches 13, 14. 

Similar digital audio signals L, R are respectively 
supplied to the input terminals 2A to 2M and selected 
by the selector switch 1 5. The D/A converter 1 6 is adapt- 
ed to convert the digital audio signals applied to the ter- 
minals 2A to 2M into analog audio signals because all 
signal processings such as the surround processing or 
the like are performed in an analog fashion. 

Referring to FIG. 1 , the signals L, R from the selec- 
tor switch 14 are supplied through a balance adjusting 
circuit 21 and a switch 22 to a Dolby pro-logic decoder 
23. The decoder 23 decodes the signals L, R on the ba- 
sis of the levels and phases of the signals L, R supplied 
thereto to provide front left and right channel audio sig- 
nals FL, FR and a front center channel audio signal FC. 
Also, the decoder 23 derives back left and right channel 
audio signals BL, BR in cooperation with a decoder 31 
which will be described later. 

The signals FL, FR are obtained by increasing the 
levels of the signals L, R in response to the level of the 
equi-phase component thereof and, the signal FC is 
mainly the equi-phase component of the signals L, R. 
Further, the signals BL, BR are mainly obtained from a 
difference component (L-R) of the signals L, R. The front 
left and right channel signals FL, FR from the decoder 
23 are supplied through a switch 24 to an output terminal 
25 and, the center channel audio signal FC from the de- 



coder 23 is supplied directly to an output terminal 26. 
Further, the decoder 23 derives the difference compo- 
nent (L-R) of the signals L, R and this difference com- 
ponent (L-R) is sequentially supplied to the decoder 31 
and a delay circuit 32. The decoder 31 has a level ex- 
panding characteristic and a high band cutting charac- 
teristic and, the delay circuit 32 is adapted to reproduce 
a reverberation component in the concert hall or the like. 

In this way, the delay circuit 32 derives the back left 
and right channel signals BL, BR and the signals BL, BR 
are supplied through a switch 33 to an output terminal 
34. 

As shown in FIG. 1, there is provided a test tone 
signal generator circuit 29. When the switch 22 is con- 
nected to the test tone signal generator 29 side, the test 
tone signal generator circuit 29 generates a test tone 
signal which is localized in the left front, right front, cent- 
er front and rear at every second. 

When the switch 24 is connected to the selector 
switch 14 side, the audio signals L, R selected by the 
selector switch 14 are directly supplied to the terminal 
25. 

The Dolby pro-logic system surround decoder is 
constructed as described above. 

In the above surround decoder, however, the bal- 
ance adjusting circuit 21, the Dolby pro-logic decoder 
23, the test tone signal generator circuit 29, the decoder 
31 and the delay circuit 32 are constructed by analog 
discrete parts and analog ICs so that the number of as- 
sembly parts is increased, which provides a large-sized 
and expensive surround audio apparatus. 

Further, since the surround decoder is constructed 
by the analog discrete parts and analog ICs, the sur- 
round decoder must be adjusted in the assembly-proc- 
ess. Further, even such adjustment is performed, aging 
change occurs frequently. 

Furthermore, since the selector switches 1 3 and 1 4 
are needed to switch the analog audio signals, there is 
then the disadvantage that the tone quality will be dete- 
riorated by the contacts of the switches 13, 14. 

US-A-4 856 064 discloses a sound field control ap- 
paratus using two digital signal processors, one acting 
on the L-R signal and one on the L+R signal. 

Audio Nov 1 988 pp. 82-92 describes a digital sound 
field processor including three digital signal processors 
apparently arranged in parallel. Mention is made of a 
pink noise generator but its form is not disclosed. 

Accordingly, it is an aim of the present invention to 
provide an improved surround audio apparatus in which 
the aforementioned shortcomings and disadvantages 
encountered with the prior art can be eliminated. 

According to the present invention, there is provid- 
ed a surround sound audio apparatus comprising: 

an input terminal (1 A-N) to which a stereo audio sig- 
nal encoded for surround reproduction is supplied; 
an analog-to-digital converter (42) for converting 
said stereo audio signal supplied to said input ter- 
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minal into a digital audio signal; 
a plurality of digital signal processors (51 -65) for de- 
coding said digital audio signal converted by said 
analog-to-digital converter in a surround sound re- 
production fashion to output a digital surround sig- 5 
nal; 

a digital-to-analog converter (71, 72, 73) for con- 
verting said digital surround signal from said digital 
signal processor into an analog surround signal; 
and 

an output terminal (81 , 82, 83) from which said an- 
alog surround signal from said digital-to-analog 
converter is delivered; characterised in that said 
digital signal processors operate in series and a first 
one of said digital signal processors (51 ) is opera- 
tive, in use, to generate a test tone signal and adjust 
the balance of levels of said digital audio signal. 

The generation of the test tone signal, the adjust- 
ment of balance of level between the plurality of digital 
audio signals and the correction of dynamic range are 
selectively performed by the first digital signal proces- 
sor, the surround processing may be performed by a 
second digital signal processor and the sound field may 
be created or corrected by a third digital signal proces- 
sor, thereby optimum audio reproduction which meets 
with listener's requirements and which is suitable for au- 
dio circumstances being realized. 

The above and other objects, features, and advan- 
tages of the present invention will become apparent 
from the following detailed description of an illustrative 
embodiment thereof to be read in conjunction with the 
accompanying drawings, in which like reference numer- 
als are used to identify the same or similar parts int he 
several views, and in which: - 

Fig. 1 is a schematic block diagram showing an ex- 
ample of a conventional surround decoder; 
FIG. 2 is a systematic block diagram showing an 
embodiment of a surround audio apparatus accord- 
ing to the present invention; 
FIGS. 3A and 3B are respectively plan views used 
to explain sound field; and 
FIG. 4 (formed of FIGS. 4A and 4B) is a flowchart 
to which references will be made in explaining op- 
eration of the surround audio apparatus of the 
present invention. 

Referring to the drawings in detail and, initially to 
FIG. 2, an embodiment of the surround audio apparatus 
according to the present invention will be described 
hereinafter. 

Referiing to FIG. 2, a microcomputer 91 is provided 
to control the entirety of this surround audio apparatus. 
The microcomputer 91 is connected with various oper- 
ation keys 92 and derives a control signal, a program or 
data associated with the key outputs. The control signal, 
program or data are supplied to switching circuits 41, 



43, digital signal processors (DSPs) 51 to 65 and muting 
circuits 74 to 76 which will be described later. In this em- 
bodiment, the microcomputer 91 might be a microcom- 
puter uPD-78224 manufactured by NEC CORPORA- 
TION. 

A transmitter 94 is of a remote controller type and 
this transmitter 94 emits a remote control signal associ- 
ated with its key operation. If the remote control trans- 
mitter 94 is of, for example, the infrared type remote con- 
troller, the remote control transmitter 94 emits an infra- 
red light as the control signal. This infrared light is re- 
ceived by a light receiving element 93, from which the 
remote control signal is supplied to the microcomputer 
91. 

Accordingly, when the key on the remote control 
transmitter 94 is operated, the processing similar to that 
of the key 92 is performed. 

Analog stereo audio signals L, R encoded for the 
surround reproduction or standard analog stereo audio 
signals L, R are respectively supplied to the analog input 
terminals 1 A to 1 N. These stereo audio signals L, R are 
supplied to a switching circuit 41 and the switching cir- 
cuit 41 is controlled by the control signal from the micro- 
computer 91 so as to select a pair of signals L, R from 
the audio signals applied to the input terminals 1 A to 1 N. 
Then, the selected signals L, R are supplied to an ana- 
log-to-digital (A/D) converter 42, in which they are con- 
verted into digital audio signals L, R and then fed to a 
switching circuit 43. 

Further, similar digital audio signals L, R are sup- 
plied to digital input terminals 2 A to 2M and these signals 
are supplied to a switching circuit 43. 

Then, the switching circuit 43 is controlled by the 
control signal from the microcomputer 91 so as to select 
a pair of signals L, Rfrom the audio signals (digital audio 
signals) applied to the terminals 1 A to 1 N and 2A to 2M, 
and the selected signals L, R are supplied to digital sig- 
nal processors 51 to 65, sequentially. 

Each of the digital signal processors 51 to 65 is 
formed of a microcomputer for processing a digital audio 
signal and is formed as an one-chip IC. The digital signal 
processors 51 to 65 store program or data supplied from 
the microcomputer 91 and process each of the digital 
audio signals passing therethrough in a predetermined 
manner in accordance with the program or data. In this 
embodiment, each of the digital signal processors 51, 
52, 53, 54, 55, 56, 61 and 62 might be formed of a mi- 
crocomputer IC, CXD-1160 manufactured by SONY 
CORPORATION and each of the digital signal proces- 
sors 63, 64 and 65 might be formed of a microcomputer 
IC, CXD-1355 manufactured by SONY CORPORA- 
TION. 

More specifically, when the user, for example, op- 
erates the key 92, processing program or data is loaded 
on the digital signal processor associated with the key 
operation in the digital signal processors 51 to 65 from 
the microcomputer 91 and in the next period, the corre- 
sponding digital signal processor processes the digital 
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audio signal in accordance with the loaded program or 
data. 

The digital signal processor 51 is mainly served as 
the balance adjusting circuit 21 , the test tone signal gen- 
erator circuit 29 and the switch 22 in FIG. 4 to perform 
the following processing: 

(1 ) to generate the test tone signal; 

(2) to automatically adjust balance of levels be- 
tween sources; 

(3) to adjust balance of levels between sources in 
a manual fashion; and 

(4) to correct the dynamic range (expand or com- 
press the signal). 

The items (1) to (4), i.e., the generation of test tone 
signal, the adjustment of balance and the correction of 
dynamic range are selectively performed and switched 
when the program or data loaded to the digital signal 
processor 51 is varied in response to the operation of 
the key 92. 

Further, the digital signal processors 52 to 56 are 
served as the Dolby pro-logic decoder 23 in FIG. 1 to 
perform the surround processing, whereby the digital 
signal processor 55 derives the front signals FL, FR and 
the digital signal processor 56 derives the center front 
signal FC and the difference component (L-R). The sur- 
round processing of the digital signal processors 52 to 
56 can be further turned on and off by operating the key 
92. Further, when the digital signal processor 51 auto- 
matically adjusts the balance of levels between the 
sources as in the item (2), a predetermined signal is fed 
from the digital signal processor 52 back to the digital 
signal processor 51 , in which it is used to automatically 
adjust the balance of levels. 

Furthermore, the digital signal processors 61 to 65 
are mainly used to create or correct sound field. That is, 
the digital signal processors 61 , 62 perform parametric 
equalizer processing (i.e., equalizer processing for 
changing a central level and a central frequency by a 
bandpass characteristic or band-eliminating character- 
istic) and, the digital signal processors 63 to 65 add re- 
verberation to reproduce sound characteristics in the 
concert hall or the like. 

The digital signal processor 63 derives the front 
channel signals FL, FR and the digital signal processor 
64 derives the center channel signal FC. Further, the 
digital signal processor 65 is served also as the decoder 
31 , the delay circuit 32 and the switch 33 in FIG. 1 and 
produces the back channel signals BL, BR by perform- 
ing the level expansion, the high band cutting and addi- 
tion of reverberation upon the difference component (L- 
R). 

The processed amount in the digital signal proces- 
sors 61 to 65 can be varied, for example, in thirty ways 
by operating the key 92. 

The signals FL, FR from the digital signal processor 
63 are supplied to a D/A converter 71 , in which they are 



converted into analog signals FL, FR. These signals FL, 
FR are supplied through a muting circuit 74 to a terminal 
81 and, the signal FC from the digital signal processor 
64 is supplied to a D/A converter 72, thereby being con- 

s verted into an analog signal FC. This analog signal FC 
is supplied through a muting circuit 75 to a terminal 82. 
The signals BL, BR from the digital signal processor 65 
are supplied to a D/A converter 73, in which they are 
converted into analog signals BL, BR. These signals BL, 

io BR are supplied through a muting circuit 76 to a terminal 
83. 

According to the above-mentioned circuit arrange- 
ment, a predetermined program or data is loaded on the 
digital signal processors 51 to 65 from the microcom- 
15 puter 91 in accordance with the operation of the key 92 
and that program is executed by the digital signal proc- 
essors 51 to 65, thereby the following operations modes 
being realized. 

20 a. Mode for creating or correcting surround effect and 
sound field (A-1): 

In this case, the digital signal processors 52 to 56 
perform the Dolby pro-logic processing and the digital 

25 signal processors 61 to 65 perform creation and correc- 
tion of sound field, thereby the signals FL, FR, FC, BL, 
BR being produced. 

Accordingly, as shown in FIG. 3A, sounds of the sig- 
nals FL, FR, FC, BL, BR are produced from speakers 

30 SPFL, SPFR disposed in the left and right front of a lis- 
tener LSNR, from a speaker SPFC disposed in the cent- 
er forward of the listener LSNR and from speakers SP- 
BL, SPBR disposed in the left and right rear sides of the 
listener LSNR, thereby reproducing the sound in a sur- 

35 round mode. Also, the sound field is associated with the 
processed amount of the digital signal processors 61 to 
65. 

For example, when a piece of music is played back, 
the surround effect achieved by the digital signal proc- 

40 essors 52 to 56 brings about presence so that the lis- 
tener feels as if he was audience in the concert hall. Al- 
so, the sound field processing by the digital signal proc- 
essors 61 to 65 can bring about other presence so that 
the listener feels as if he was audience in the large con- 

45 cert hall. 

B. Mode for creating or correcting surround effect and 
sound field (A-2): 

50 Also in this case, the similar processing to that of 
A-1 is performed but the signal FC is not produced. The 
signal FC is mixed into the signals FL, FR with a prede- 
termined ratio by the digital signal processor 63 and the 
signal line of the signal FC is made off (placed in the 
55 muting condition) by the digital signal processor 64. , 
Accordingly, the surround reproduction and the cre- 
ation or correction of the sound field similar to those of 
A-1 are executed by the speakers SPFL, SPFR, SPBL, 
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SPBR disposed as shown in FIG. 3B. 

C. Mode for achieving only surround effect: 

In this case, the signal processings in the digital sig- 5 
nal processors 61 to 65 are not performed. That is, al- 
though the front channel signals FL, FR from the digital 
signal processor 55 pass supplied through the digital 
signal processors 61 , 62 and 63 in that order, no sound 
field processing is carried out at all but these front chan- 10 
nel signals FL, FR are supplied to the D/A converter 71 
and the thus converted analog signals FL, FR are de- 
veloped at the terminal 81 . 

Further, although the difference component (L-R) 
from the digital signal processor 56 passes through the 1$ 
digital signal processors 61, 62 and 65, no sound field 
processing is carried out at all but the difference com- 
ponent (L-R) is supplied to the D/A converter 73 and the 
difference component (L-R) is fed to the terminal 83 as 
the back channel signals BL, BR. In this case, the digital 20 
signal processor 64 turns off its signal line. 

Accordingly, in this case, the audio signal is repro- 
duced in the the surround mode by the speakers SPFL, 
SPFR, SPBL, SPBL disposed as shown in FIG. 3B. 

25 

D. Mode in which only sound field is created or 
corrected: 

In this case, the signal processing is not performed 
in the digital signal processors 52 to 56. That is, the sig- 30 
nals L, R from the digital signal processor 51 is not proc- 
essed in a surround-fashion by the digital signal proc- 
essors 52 and 53 and is supplied to the digital signal 
processor 61. 

Thereafter, the signals L, R are processed by the 35 
digital signal processors 61 to 65 so as to create or cor- 
rect the sound field, whereby the output signals of the 
D/A converters 71 , 72 are supplied to the terminals 81 , 
82 as the front channel signals FL, FR, FC and the out- 
put signal from the D/A converter 73 is supplied to the 40 
terminal 83 as the back channel signals BL, BR. 

In this mode D, similarly to the modes A-1 and A-2, 
by varying the processed amount in the digital signal 
processors 61 to 65 by operating the key 92, the signals 
L, R can be output as the signals FL, FR, FC or BL, BR *s 
without being processed at all or the signals L, R can be 
processed by the maximum processing amount and 
then output. 

Therefore, in this mode D, it is possible to realize 
various sound fields from a non-corrected ordinary two so 
channel stereo sound field to a newly-created sound 
field. 

E. Mode in which surround effect and sound field 
processing are not performed. 55 

In this mode E, any signal processing is not per- 
formed at all so that, although the signals L, R from the 



digital signal processor 51 passes through the digital 
signal processors 52 to 63, they are not processsed at 
all and then fed to the terminal 81 as they are. That is, 
this mode E becomes the ordinary two channel stereo 
reproduction mode. 

FIG. 4 is a flowchart of a processing routine done 
by the microcomputer 91 so that the processings on the 
items (1) to (4) are selectively executed by the digital 
signal processor 51. FIG. 4 is formed of FIGS. 4A and 
4B drawn on two sheets of drawings so as to permit the 
use of a suitably large scale. 

Referring to FIG. 4, the processing of the microcom- 
puter 91 begings with step 101 and the processing pro- 
ceeds to the next decision step 102. It is determined in 
decision step 92 whether or not there is an input from 
the key 92. If there is no input from the key 92, then the 
processing of step 102 is repeated. 

If an input presents by the key 92 during step 102 
is repeated, then this input is determined in step 102 
and the processing proceeds from step 102 to the next 
decision step 111. It is determined in decision step 111 
whether or not the key input is to generate the test tone 
signal as in the item (1). If a NO is output at decision 
step 111, then the processing proceeds from step 11 to 
the next decision step 121. 

It is determined in decision step 121 whether or not 
the key input in step 102 is to automatically adjust bal- 
ance of levels between the sources as in the item (2). If 
a NO is output at decision step 121, then the processing 
proceeds from step 131 to the next decision step 131, 
whereat it is determined whether or not the key input in 
step 102 is to manually adjust balance of level between 
the sources as in the item (3). If a NO is output at deci- 
sion step 131, then the processing proceeds from step 
1 31 to the next decision step 1 41 . 

It is determined in decision step 141 whether or not 
the key input in step 1 02 is to correct the dynamic range 
as in the item (4). If a NO is output at decision step 141 , 
then the processing proceeds from step 1 41 to step 1 50. 
In this step 150, the processing associated with the key 
input in step 102 (i.e., other processing than those of 
the items (1 ) to (4)) is executed. Then, the processing 
of the microcomputer 91 returns to step 102, whereat it 
is determined again whether or not an input is inputted 
by the key 92. 

If it is determined in decision step 111 that the key 
input in step 102 is to generate the test tone signal as 
in the item (1), then the processing proceeds from step 
111 to step 112. Instep 112, the muting circuits 74 to 76 
are turned on. In the next step 113, program and data 
for generating the test tone signal is transferred from the 
microcomputer 91 to the digital signal processor 51. 
Then, the muting circuits 74 to 76 are turned off in step 
114. 

If the program and data for generating the test tone 
signal is transferred from the microcomputer 91 to the 
digital signal processor 51 in step 113, the digital signal 
processor 51 executes such program to generate the 
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test tone signal which is output as, for example, the front 
left channel signal LR 

Accordingly, the digital audio signals L, R from the 
switching circuit 43 are muted by the digital signal proc- 
essor 51 and the test tone signal is generated by the 
digital signal processor 51 . Then, this test tone signal is 
supplied to the terminals 81 to 83 so that a test tone is 
emanated, for example, from the left front speaker 
SPLF. 

In the next step 115, the counter is cleared to be 0 
and then the processing proceeds to the next decision 
step 116. It is determined in decision step 116 whether 
or not there is an input from the key 92. If there is no 
input from the key 92, then the processing proceeds 
from step 116tothe next decision step 117. Instep 117, 
it is determined whether or not one second is passed in 
the counter of step 115. 

If one second is not passed as represented by a NO 
at decision step 117, then the processing returns from 
step 117 to step 116. Then, steps 116 and 117 are re- 
peated until an input is inputted by the key 92 or until 
one second is passed. 

If one second is passed as represented by a YES 
at decision step 1 1 7, then the processing proceeds from 
step 11 7 to step 118. Instep 118, a command for switch- 
ing the output channel of the test tone signal to the next 
channel is supplied tothe digital signal processor 51 and 
then, the processing returns to step 115. 

Accordingly, if there is no input from the key 92, then 
steps 115 to 118 are repeated and the output channel 
of the test tone signal is switched to the left front chan- 
nel, the center channel, the right front channel and the 
back channel at every second, in that order, whereby 
the test tone is sequentially emanated from each chan- 
nel speaker at every second. 

If there appears an input from the key 92 during 
steps 115 to 118 are repeated, then this key input is de- 
termined in decision step 116 and the processing pro- 
ceeds from step 1 1 6 to step 1 1 9. In step 1 1 9, a command 
for ending the generation of the test tone signal is sup- 
plied to the digital signal processor 51 and then the 
processing returns to decision step 102. 

Accordingly, the digital signal processor 51 finishes 
generating the test tone signal and is returned to the 
mode in which the digital signal from the switching circuit 
43 is supplied to the digital signal processor 52 from the 
digital signal processor 51. Therefore, if the key 92 is 
operated during steps 115 to 118 are repeated to se- 
quentially produce the test tone from the respective 
channel speakers, then the test tone is not emanated 
any more and the surround audio apparatus is returned 
to the ordinary operation mode. 

If it is determined in decision step 121 that the key 
input in step 102 is to automatically adjust balance of 
levels between the sources as in the item (2), then the 
processing proceeds from step 1 21 to step 1 22. In step 
122, the muting circuits 74 to 76 are turned on and in 
the next step 123, the program and data for automati- 



cally adjusting the balance of levels between the sourc- 
es are transferred to the digital signal processor 51 from 
the microcomputer 91 . In the next step 124, the muting 
circuits 74 to 76 are turned off and then the processing 

5 returns to step 102. 

At that time, if the program and data for automati- 
cally adjusting the balance of levels between the sourc- 
es are transferred from the microcomputer 91 to the dig- 
ital signal processor 51 in step 1 23, then such program 

10 is executed by the digital signal processor 51. There- 
fore, the balance of levels between the sources is ad- 
justed automatically and the adjusted result is set to the 
digital signal processor 51 so that the level can be pre- 
vented from being fluctuated even when the source is 

is switched. 

Further, if it is determined in decision step 1 31 that 
the key input in step 102 is to manually adjust the bal- 
ance of levels between the sources as in the item (3), 
then the processing proceeds from step 1 31 to step 1 32, 

20 whereat the muting circuits 74 to 76 are turned on. In 
the next step 133, the program and data for manually 
adjusting the balance of levels between the sources is 
transferred to the digital signal processor 51 from the 
microcomputer 91 . In the next step 134, the muting cir- 

25 cuits 74 to 76 are turned off and then the processing 
returns to step 102. 

Therefore, by operating the key 92, the input level 
for each source is set in the digital signal processor 51 
and the set result is set to the digital signal processor 

30 51 so that, when the source is switched, the level be- 
comes coincident with the thus set level. 

Furthermore, if it is determined in decision step 141 
that the key input in step 102 is to correct the dynamic 
range as in the item (4), then the processing proceeds 

35 from step 141 to step 142, whereat the muting circuits 
74 to 76 are turned on. In the next step 143, the program 
and data for correcting the dynamic range are trans- 
ferred to the digital signal processor 51 from the micro- 
computer 91. In the next step 144, the muting circuits 

40 74 to 76 are turned off and then the processing returns 
to step 102. 

Therefore, by operating the key 92, the input and 
output characteristic is set to the dynamic range correct- 
ing characteristic by the digital signal processor 51 and 

45 the corrected result is set in the digital signal processor 
51 so that the digital signal processor 51 may have the 
thus set input and output characteristic. 

As described above, according to the present in- 
vention, since all surround processings are realized in 

50 a digital processing fashion, the assembly parts need 
not be adjusted in the assembly-process and best char- 
acteristics can be obtained without adjustment. Further, 
the aging change can be avoided. 

Since the digital signal processors 51 to 65 can be 

55 each formed by one-chip IC and a general-purpose dig- 
ital signal processor can be utilized as these digital sig- 
nal processors 51 to 65, the surround audio apparatus 
becomes inexpensive and can be prevented from being 
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increased in size. Alternatively, the digital signal proc- 
essors 52 to 56 can be formed by a one-chip IC for ex- 
clusive-use. 

Since other processings than the selection of the 
signal in the switching circuit 41 are performed in a dig- 
ital processing fashion, the signal can be prevented from 
being deteriorated, for example, a signal-to-noise (S/N) 
ratio can be prevented from being lowered and the sig- 
nal distortion can be prevented from being increased, 
thereby excellent tone quality being maintained. 

Further, since various programs and data are selec- 
tively supplied to the digital signal processor 51 so that 
the generation of test tone signal, the automatic level 
balance adjustment between the sources, the manual 
level balance adjustment between the sources and the « 
correction of the dynamic range can be selectively per- 
formed, the digital signal processor 51 can be made very 
useful from an efficiency standpoint and the number of 
assembly parts can be reduced accordingly, which can 
provide the inexpensive surround audio apparatus. 2° 

Furthermore, since the sound field is created or cor- 
rected by the digital signal processors 61 to 65, the pre- 
determined signal processing can be performed only by 
varying the program or data, thus making it possible to 
process the sound field in a minute and variegated fash- 25 
ion. 

Still further, since the signals FL, FR, FC, (L-R) are 
supplied in series to the digital signal processors 61 , 62 
which perform equalizer processing and to the digital 
signal processors 63 to 65 which perform reverberation 30 
processing when the sound field is created or corrected, 
the hardware of this surround audio apparatus can be 
simplified and the equalizer processing and the rever- 2. 
beration processing can be performed in the digital sig- 
nal processors 61 to 65 independently and properly. 3S 

Yet further, since the switching on and off of the sur- 
round processing in the digital signal processors 52 to 
56 and the adjustment of the sound field processing in 
the digital signal processors 61 to 65 can be independ- 
ently performed, the surround audio apparatus can cope 40 
with various sources and meet with various require- 
ments. 

While the digital signal processors 51 to 65 are each 
formed of a relatively inexpensive microcomputer IC 
and a number of independent ICs are employed in con- 45 
sideration of processing capability as described above, 
microcomputers of large processing capability also can 
be utilized. For example, if the digital signal processors 
51 to 55 are formed as one chip I C and the digital signal 
processors 56, 61 and 62 are formed as one chip IC, so 
then the number of assembly parts can be reduced con- 
siderably. 3 - 

Having described the preferred embodiment of the 
invention with reference to the accompanying drawings, 
it is to be understood that the invention is not limited to ss 
that precise embodiment and that various changes and 
modifications thereof could be effected by one skilled in 
the art without departing from the scope of the novel 



concepts of the invention as defined in the appended 
claims. 



Claims 

\ surround sound audio apparatus comprising: 

an input terminal (1 A-N) to which a stereo audio 
signal encoded for surround reproduction is 
supplied; 

an analog-to-digital converter (42) for convert- 
ing said stereo audio signal supplied to said in- 
put terminal into a digital audio signal; 
a plurality of digital signal processors (51-65) 
for decoding said digital audio signal converted 
by said analog-to-digital converter in a sur- 
round sound reproduction fashion to- output a 
digital surround signal; 

a digital-to-analog converter (71, 72, 73) for 
converting said digital surround signal from 
said digital signal processor into an analog sur- 
round signal; and 

an output terminal (81 , 82, 83) from which said 
analog surround signal from said digital-to-an- 
alog converter is delivered; characterised in 
that said digital signal processors operate in se- 
ries and a first one of said digital signal proces- 
sors (51 ) is operative, in use, to generate a test 
tone signal and adjust the balance of levels of 
said digital audio signal. 

An apparatus according to claim 1 and further com- 
prising: 

input terminals (2A-M) to which a plurality of 
digital audio signals encoded for surround re- 
production are supplied; 
a switching circuit for selectively supplying said 
plurality of digital audio signals (43) to said first 
digital signal processor (51); and wherein 
said plurality of digital signal processors includ- 
ing: 

a second digital signal processor (51 -56) for de- 
coding an output signal of said first digital signal 
processor in a surround stereo reproduction 
fashion; and 

a third digital signal processor (62) for process- 
ing an output signal of said second digital signal 
processor so as to create or correct sound field. 

An apparatus according to claim 1 or 2, wherein 
said plurality of digital signal processors including: 

a digital signal processor (61 ) for performing an 
equalizer processing; and 
a digital signal processor (63-65) for performing 
a reverberation processing. 
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4. An apparatus according to claim 1 wherein said first 
digital signal processor (51 ) is additionally operative 
to correct the dynamic range of the digital audio sig- 
nal. 



Patentanspruche 

1. Tonwiedergabegerat mit Raumklang mit 

einem EingangsanschluB (1A-N), dern ein fur 
die Raumklangwiedergabe codiertes Stereo- 
tonsignal zugefuhrt wird, 
einem Analog-Digital-Umsetzer (42) zum Urn- 
setzen des dem EingangsanschluB zugefuhr- 
ten Stereotonsignals in ein digitales Tonsignal, 
mehreren digitalen Signalprozessoren (51-65) 
zum Decodieren des digitalen Tonsignals, wel- 
ches von dem Analog-Digital-Umsetzer umge- 
setzt worden ist, in einen Zustand fur eine 
Raumklangwiedergabe zur Ausgabe eines di- 
gitalen Raumklangsignals, 
einem Digital-Analog-Umsetzer (71, 72, 73) 
zum Umsetzen des digitalen Raumklangsi- 
gnals des digitalen Signalprozessors in ein 
analoges Raumklangsignal und 
einem AusgangsanschluG (81, 82, 83), von 
welchem das analoge Raumklangsignal des 
Digital-Analog-Umsetzers weitergeleitet wird, 

dadurch gekennzeichnet, 

daG die digitalen Signalprozessoren in Serie betrie- 
ben werden, und ein erster der digitalen Signalpro- 
zessoren (51) im Gebrauch wirksam ist, urn ein 
Testtonsignal zu erzeugen und den Ausgleich der 
Pegel des digitalen Tonsignals einzustellen. 

2. Tonwiedergabegerat gemaG Anspruch 1 ferner mit: 

Eingangsanschlussen (2A-M), welchen mehre- 
re digitale, fur eine Raumklangwiedergabe co- 
dierte Tonsignale zugefuhrt werden, 
einem Schaltnetz zur selektiven Zuf uhrung der 
digitalen Tonsignale (43) zu dem ersten digita- 
len Signalprozessor (51), und bei dem die digi- 
talen Signalprozessoren beinhalten: 
einen zweiten digitalen Signalprozessor 
(51-56) zum Decodieren eines Ausgangssi- 
gnals des ersten digitalen Signalprozessors in 
einem Raumklang-Stereo-Wiedergabezu- 
stand und 

einen dritten digitalen Signalprozessor (62) 
zum Verarbeiten eines Ausgangsignals des 
zweiten digitalen Signalprozessors, urn ein 
Klangfeld zu bilden oder zu korrigieren. 

3. Tonwiedergabegerat gemaG Anspruch 1 oder 2 bei 
dem die digitalen Signalprozessoren einen digita- 



len Signalprozessor (61 ) zum Ausf uhren einer Aus- 
gleichsverarbeitung und einen digitalen Signalpro- 
zessor (63-65) zum Ausfuhren einer Nachhallver- 
arbeitung beinhalten. 

5 

4. Tonwiedergabegerat gemaB Anspruch 1 bei dem 
der erste digitale Signalprozessor (51) zusatzlich 
wirksam ist, urn den dynamischen Bereich des di- 
gitalen Tonsignals zu korrigieren. 

10 

Revendicatlons 

1 . Appareil audio a effet spatial comprenant : 

75 

une borne d'entr6e (1 A-N) a laquelle un signal 
audio sterSophonique cod6 pour la reproduc- 
tion a effet spatial est fourni ; 
un convertisseur analogique-numerique (42) 
20 pour convertir ledit signal audio stereophoni- 

que fourni a ladite borne d'entr6e en un signal 
audio numdrique ; 

une plurality de processeurs de signaux nume- 
riques (51 -65) pour decoder ledit signal audio 
25 numerique converti par ledit convertisseur ana- 

logique-numerique dans un mode de reproduc- 
tion a effet spatial pour sortir un signal numeri- 
que a effet spatial ; 

un convertisseur num6rique-analogique (71, 
30 72, 73) pour convertir ledit signal numerique a 

effet spatial provenant dudit processeur de si- 
gnal numerique en un signal analogique a effet 
spatial ; et 

une borne de sortie (81 , 82, 83) a partir de la- 
35 quelle ledit signal analogique a effet spatial pro- 

venant dudit convertisseur num6rique-analogi- 
que est delivre ; caracterise en ce que lesdits 
processeurs de signaux numeriques fonction- 
nent en s6rie et en ce qu'un premier desdits 
40 processeurs de signaux numdriques (51 ) fonc- 

tionne, en usage, pour geneVer un signal sono- 
re de test et pour regler la balance des niveaux 
dudit signal audio num6rique. 

45 2. Appareil selon la revendication 1 et comprenant de 
plus : 

des bornes d'entr6e (2A-M) auxquelles une 
plurality de signaux audio numeriques codds 

so pour la reproduction a effet spatial sont fournis ; 

un circuit de commutation pour fourn ir, de ma- 
nure selective, ladite pluratite de signaux audio 
numeriques (43) audit premier processeur de 
signal numerique (51) ; et dans lequel 

55 ladite pluralite de processeurs de signaux nu- 

meriques comprend : 

un second processeur de signal numerique 
(51-56) pour decoder un signal de sortie dudit 
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premier processeur de signal num6rique dans 
un mode de reproduction sterSophonique a ef- 
fet spatial ; et 

un troisieme processeur de signal num6rique 
(62) pour traiter un signal de sortie dudit second s 
processeur de signal num6rique afin de cr6er 
ou de corriger le champ sonore. 

Appareil selon la revendication 1 ou 2, dans lequel 
ladite plurality de processeurs de signaux num6ri- 10 
ques comprend : 

un processeur de signal num6rique (61) pour 
exScuter un traitement d'dgalisation ; et 
un processeur de signal num6rique (63-65) »5 
pour ex6cuter un traitement de r6verb6 ration. 

Appareil selon la revendication 1 , dans lequel ledit 
premier processeur de signal num6rique (51 ) fonc- 
tionne, en outre, pour corriger la gamme dynamique 20 
du signal audio num6rique. 
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